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COMMUNICATION SYSTEM

RELATED APPLICATION

This application 1s a continuation of U.S. application Ser.

No. 12/005,164, filed Dec. 21, 2007 now U.S. Pat. No. 8,194,
7235, which claims priority under 35 U.S.C. §119 or 365 to
Great Britain Application No. 0704732.7, filed Mar. 12, 2007.
The entire teachings of the above applications are 1mcorpo-
rated herein by reference.

TECHNICAL FIELD

The present ivention relates to signal processing. More
particularly the present invention relates to a method and
apparatus for removing ringing in a signal.

BACKGROUND

In a communication system a communication network 1s
provided, which can link together two communication termi-
nals so that the terminals can send information to each other
in a call or other communication event. Information may
include speech, text, images or video.

Modern communication systems are based on the trans-
mission ol digital signals. Analogue information such as
speech 1s input from a microphone 1nto an analogue to digital
converter at the transmitter of one terminal and converted into
a digital signal. The digital signal 1s then encoded and placed
in data packets for transmission over a channel to the recerver
of a destination terminal. When the digital signal 1s recerved
at the destination terminal, the signal 1s decoded before 1t 1s
input mnto a digital to analogue converter. The digital to ana-
logue converter outputs an analogue signal to a loudspeaker
or other output interface.

Analogue signals are often contaminated by electromag-
netic interference from the power grid. In microphone sig-
nals, for example, this 1s perceived as a steady “hum”.
Depending on geographical location, this hum consists of 50
or 60 Hertz signals plus harmonics, with energy typically
concentrated in the lowest few harmonics. Removing these
interfering harmonics can greatly improve the percerved
quality of the microphone signal.

Traditional narrowband speech encoding algorithms
encode signals within a frequency range of about 300-3400
Hz. By removing the signal information below 300 Hz, the
lowest, and usually strongest, power grid harmonics are
already filtered out, which significantly reduces the problem
of power grid interference.

However recently there has been a demand for speech
encoders that have improved quality and provide a natural
sounding speech output. This has led to the development of
wideband speech encoding methods such as AMR-WB
(Adaptive Multi Rate-Wide Band) which encode frequencies
from 50-7000 Hz. For wideband speech encoding methods,
the lowest power grid harmonics fall within the coded fre-
quency band. Consequently when employing encoding tech-
niques that encode lower frequencies the percerved hum
caused by the power grid harmonics 1s more severe.

Since the frequency of the power grid signal 1s very stable,
most known methods employ notch filters which remove a
fixed frequency band to provide a simple and effective
method for removing these interfering signals. The width of
the frequency band removed by the notch filter may otherwise
be referred to as the width of the notch filter. For example a
notch filter with a frequency response that removes a narrow
frequency band 1s referred to as a narrow width notch filter.
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FIG. 1 shows an implementation of a notch filter. The filter
comprises single sample delay elements 10 and 12, gain
elements 14 and 16 and mixer elements 18, 20, 22 and 24. A
signal s(n) 1s input into the filter and a signal y(n) 1s output
from the filter.

In the time domain, the relationship between the output
signal y(n) and the input signal s(n) may be expressed as:

v(in)=s(n)-bs(n-1)+s(n-2)+(b-A)yy(n-1)-(1-4)y(»-2) Equation (1)

Where A and B are the gain coelficients of gain elements 16
and 14 respectively.

A Tunction referred to as the Z transform, commonly used
in the field of signal processing, may be used to convert a
discrete time domain signal into a frequency domain repre-
sentation.

The Z transform of a time signal x(n) may be defined as:

oo Equation (2)
X(2) = Zix(m} = ) x(mz"
n=>0

Where z 1s a complex number:

z=Ke'* Equation (3)

where K 1s the magnitude of z, and ¢ 1s the angular frequency.

The Z transform Y (z) of the time domain output signal y(n)
and the Z transform S(z) of the input signal s(n) may be used
to show the transfer function H(z) of the filter:

Y(z) 1—-Bz 1 +77° Equation (4)

N = 5 S To B A T+ (1= A2

FIG. 2 shows the frequency response of the notch filter
shown in FIG. 1. In particular FIG. 2 shows the frequency
response of the filter in the lowest part of the spectrum, from
0 Hz to 100 Hz. As shown, the region R 1n the graph referred
to hereinafter as the notch region represents the frequencies
that are removed by the notch filter. The width of the notch
region corresponds to the width of the frequency band
removed by the notch filter, and hence the width of the notch
filter.

The gain coeflicient A determines the width of the notch
region and the gain coellicient B determines the frequency at
the centre of the notch region, hereinatter referred to as the
centre frequency F . Thus, the width of the notch filter may be
set by selecting the value of the gain coellicient A of the first
gain element 16. Similarly, the centre value of the frequency
removed by the notch filter may be set by selecting the value
of the gain coellicient B of the second gain element 14.

More specifically the notch width at -3 dB 1s related to the
coellicient A by:

where W, - 1s the notch width in Hertz (Hz), between the two
slopes of the notch region R at -3 dB, and F . 1s the sampling
frequency 1n Hz. It can therefore be seen that, for a narrow
notch filter, the coellicient A 1s made to be slightly larger than
ZErO0.

The notch centre frequency 1s related to the coellicient B

by:

Equation (5)

I =0.16F ¢ arccos(H/2) Equation (6)

where F - 1s the centre frequency 1n Hz, F. 1s the sampling
frequency in Hz, and arccos 1s an arc cosine mapping. Setting
the coellicient B of the second gain element 14 to a value
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slightly lower than 2 the notch filter can be configured to have
a centre tfrequency F . of 50 Hz.

To avoid removing significant parts of the desired signal,
the width of such notch filters must be very narrow. Using the
coefficients:

A=0.001

B=1.9996137

the notch filter can 1s configured to have a notch centred at 50
Hz and with a width W, - 01 2.6 Hz, for a sampling frequency
F.of 16 kHz.

However the use of narrow notch filters leads to an undes-
ired phenomenon known as ringing. Ringing 1s an exponen-
tially damped sinusoidal response of a filter to an impulse. For
example, 11 the mput signal 1s speech, the notch filter may
occasionally be excited by harmonics of the speech signal
matching the notch frequency. After the burst of speech, the
notch filter will continue to produce a damped sinusoid at the
notch frequency for perhaps a few seconds, depending on the
notch width. This rnging gives an undesired reverberation-
like quality to the sound. The ringing time of a notch filter
increases in inverse proportion to the notch width 1n fre-
quency. Therefore, for narrow filters the ringing time 1s par-
ticularly pronounced.

The time response of the notch filter shown 1n FIG. 1 1s
depicted 1n FIG. 3, which shows significant ringing for about
halt asecond. FIG. 3 assumes a nonzero filter state, that 1s, the
time delay elements 10 and 12 of the filter have a residual
energy caused by a previous nonzero mput. A similar time
response would be achieved 1n response to an impulse input
into a filter having a zero {ilter state, having no residual energy
from a previous input. This 1s known as the impulse response
of the filter.

A notch filter that 1s sufliciently narrow not to remove
audible portions of the signal will introduce audible ringing 1n
the signal. Conversely 1f the width of the notch filter 1s
designed to be wide enough not to cause ringing in the signal
the filter will audibly remove parts of the input speech signal.

An alternative method for removing steady sinusoidal
components from an input signal employs adaptive cancella-
tion, see e.g., H.C.So, “Adaptive Algorithm for Sinusoidal
Interference Cancellation,” Electronics Letters, vol. 33, no
0.22, pp 0.1910-1912, October 1997. Adaptive cancellation
works 1n three steps. First, the parameters of one or more
interfering sinusoids are adaptively estimated. Then sinuso-
1ids are synthesized based on those parameters. Finally, the
synthesized sinusoids are subtracted from the input signal to
create the hum-removed signal. In case of power grid har-
monics, the frequency parameters are known and essentially
constant, so that only the amplitude and phase parameters
need to be estimated. These parameters can be estimated
adaptively using any well-known adaptation method such as
the Least Mean Squares (LMS) algorithm.

Adaptive cancellation suffers from very much the same
problems as notch filtering, 1n that a trade oif1s made between
ringing and distortions of the desired component of the input
signal. Distortions may result 1f the parameter estimation
adapts too quickly, whereas ringing may occur when the
parameter estimation adapts too slowly.

It 1s therefore an aim of the present invention to overcome
the problems presented by the prior art.

SUMMARY

According to a first aspect of the present invention there 1s
provided a method for reducing ringing in a signal output
from a filter comprising: iputting a signal into a filter; filter-
ing a first portion of the input signal to generate a filtered
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4

portion of the output signal; analyzing the filtered portion of
the output signal; detecting 1f ringing 1s present 1n the filtered
portion of the output signal based on said analysis; and adjust-
ing the filter characteristics to reduce ringing 1n a subsequent
filtered portion of the output signal 1f 1t 1s determined that
ringing 1s present.

According to a second aspect of the present invention there
1s provided a device arranged to reduce ringing in an output
signal comprising: a receiver arranged to recetve an input
signal; a filter arranged to filter a first portion of the input
signal to generate a filtered portion of the output signal; and a
controller arranged to analyze the filtered portion of the out-
put signal; detect 1f ringing 1s present 1n the filtered portion of
the output signal based on said analysis; and adjust the filter
characteristics to reduce ringing 1n a subsequent filtered por-
tion of the output signal i1 1t 1s determined that ringing 1s
present.

One advantage of dynamically adjusting the notch filter
impulse response in accordance with embodiments of the
present invention 1s that it allows for the use of notch filters to
elifectively remove an undesired signal component of steady
frequency, such as a power grid harmonic, without causing
the removal of substantial parts of the signal while effectively
preventing ringing in the output signal.

BRIEF DESCRIPTION OF THE DRAWINGS

For a better understanding of the present invention and to
show how the same may be carried into effect, embodiments
of the present invention will now be described with reference
to the following drawings:

FIG. 1 shows a notch filter 1n accordance with the prior art;

FIG. 2 shows the frequency response of the notch filter
shown 1n FIG. 1;

FIG. 3 shows the time response of the notch filter shown 1n
FIG. 1;

FIG. 4 shows an adjustable notch filter in accordance with
an embodiment of the present invention;

FIG. § shows an adjustable notch filter in accordance with
an further embodiment of the present invention;

FIG. 6 1s a graph showing a damped frequency response of
anotch filter in accordance with an embodiment of the present
imnvention;

FIG. 7 1s a graph showing a damped time response of a
notch filter in accordance with an embodiment of the present
invention;

FIG. 8 shows a circuit for controlling the adjustable notch
filter in accordance with an embodiment of the present inven-
tion;

FIG. 9 which shows a series of adjustable filters used to
remove multiple harmonics, 1n accordance with an embodi-
ment of the present invention.

DETAILED DESCRIPTION

The mventor of the present invention has found that the
problems presented in the prior art may be overcome by
adjusting the impulse response of a notch filter 1n accordance
with the characteristics of the signal output from the filter.
More specifically, the impulse response of the notch filter
may be dynamically adjusted to reduce ringing when ringing
1s detected on the signal output from the filter. By adjusting
the impulse response of the notch filter to reduce ringing
when ringing 1s present on the output signal, signmificantly
reduces the audibility of ringing in the output signal without
removing significant parts of the signal when no ringing 1s
present.
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In accordance with an embodiment of the invention damp-
ing may be applied to the impulse response of the filter when
ringing 1s detected. This may be achieved by adjusting the
frequency response of the filter 1n dependence on detecting
ringing in the output signal.

According to one embodiment of the mvention the fre-
quency response of the filter may be adjusted such that the
width of the notch region 1s increased during ringing, thereby
damping the impulse response of the notch filter and reducing
ringing. Alternatively, or additionally the frequency response
of the filter may be adjusted such that the depth of the notch
region 1s decreased during ringing, thereby damping the
impulse response of the notch filter and reducing ringing.

By increasing the width of the notch region and decreasing,
the depth of the notch region the output signal 1s made to
follow the input signal more closely, thus damping the
impulse response of the notch filter.

The manner 1n which an embodiment of the present inven-
tion may be implemented will first be described with refer-
ence to FIG. 4. FIG. 4 shows an adjustable notch filter 26
having an adjustable notch width. The components that are
described 1n relation to the fixed notch filter shown 1n FIG. 1
are referred to 1 FIG. 4 using like reference numerals.

In FIG. 4 the first gain element 16 shown 1n FIG. 1 1s
replaced by an adjustable gain element 16'. The width of the
notch filter 26 may be adjusted by adjusting the gain coetii-
cient A of the adjustable gain element 16'. The mixer element
24 1s arranged to subtract the output of the adjustable gain
clement 16' from the input signal s(n). By increasing the
coellicient A, the width of the frequency band applied to the
mixer element 24 1s increased. According to an embodiment
of the invention the gain coetlicient A 1s adjusted to increase
the width of the notch filter when ringing 1s detected on the
output signal y(n). Increasing the width of the notch filter
dampens the impulse response of the filter 26, thus reducing
the ringing time.

Increasing the coellicient A to reduce ringing 1n the output
signal y(n) may however cause artifacts in the signal output
from the adjustable gain element 16'. In a preferred embodi-
ment of the mvention an adjustable notch filter as shown 1n
FIG. 5 1s used to filter the signal. The adjustable notch filter
26' as shown 1n FIG. 3 1s adjustable 1n notch width and depth,
and 1s arranged to produce less artifacts than the filter shown
in FIG. 4. It will be appreciated by a person skilled in the art
that different possible filter arrangements will produce differ-
ent artifacts 1n response to changing filter coetficients.

The components that are described 1n relation to the fixed
notch filter shown in FIG. 1 are referred to in FIG. 5 using like
reference numerals. In addition to the components included in
the fixed notch filter described 1n relation to FIG. 1 the adjust-
able notch filter 26' also includes a third gain element 28
which applies a gain G. The third gain element 28 15 adjust-
able.

As shown 1n FIG. 5 the first mixer element 22 adds together
the output signal y(n) with the output of the second mixer 20
and subftracts from this the output of the third gain element 28
to provide an output to the first single sample delay element
10. The delay element 10 introduces a delay to the signal
output from the first mixer 22 before outputting the signal to
the first gain element 14, the second delay element 12 and the
third mixer 18. The ﬁrst gain element applies a gain B to the
signal recerved from the delay element 10.

The second mixer 20 subtracts the output of the second
delay element 12 from the output of the first gain element and
outputs the resulting signal to the first mixer element 22.

The third mixer 18 subtracts the output of the second delay
clement 12 from the output of the first delay element 10 and
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outputs the resulting signal to the second gain element 16
where a gain A 1s applied. The output of the second gain
clement 16 1s applied to the fourth mixer 24 where 1t 1s
subtracted from the input signal s(n). The output of the second
gain element 16 1s also iput into the third gain element 28
where a gain G 1s applied to the signal.

For the filter shown 1n FI1G. 5, the relationship between the
input signal s(n) and the output signal y(n) can be expressed
as:

v(in)=s(n)—-(b-GA)s(n-1)+(1-GA)s(n-2)+(5-(G+1)A4)
y(n=1)=(1-(G+1)4)y(n-2)

Using the z transtorm S(z) of the mput signal and the z
transiorm of the output signal Y(z) the adjustable notch filter
shown 1n FIG. 5 can be shown to have a transfer function:

Equation (7)

1—(B=GAZ ' +(1 -GA? Equation (8)

—(B-(G+ DA+ -(G+ DA ?

Y@
H(Z)—%— 1

Where A 1s the gain coelficient of the second gain element
16, B 1s the gain coelficient of the first gain element 14 and G
1s an adjustable gain coetficient of the third gain element 28.

I1 the gain coetlicient G of the third gain element 28 1s made
equal to zero, then the frequency response of the adjustable
notch filter shown 1n FIG. 5 will be the same as the frequency
response ol the notch filter shown 1 FIG. 1. However, by
making the gain coellicient G larger than zero, without chang-

ing the values of the gain coetlicients A and B the frequency
response of the filter changes such that the width of the notch
filter increases and the notch becomes shallower. As a result
the impulse response of the filter 1s dampened.

FIG. 6 shows a graph of the frequency response of the
adjustable filter shown in FIG. 5 when G=10. When the graph
shown 1n FIG. 6 1s compared to the frequency response graph
shown 1n FIG. 2 1t can be seen that the notch region R shown
in FIG. 5 1s wider and shallower than the notch region shown
in FIG. 2.

FIG. 7 shows a graph of the time response of the adjustable
filter shown 1n FIG. 5 when the coeflicient G 1s made equal to
10. Comparing the time response shown 1n FIG. 7 to the time
response shown 1n FIG. 3 1t can be seen that the ringing time
as shown in FIG. 7 1s significantly reduced, in this case to
approximately 50 milliseconds.

In one embodiment of the invention when no ringing 1s
present 1n the output signal the adjustable notch filter 1s used
such that G 1s set to 0, and the notch filter will remove any
steady tonal component at the frequency to which 1t 1s tuned.
Only when ringing 1s present will the adjustable coetlicient G
be increased to dampen the notch filter so that the ringing wall
die out quickly, after which G 1s returned to 0.

The mventor of the present mvention has identified that
during ringing, at some instances the output energy will be
larger than the input energy. Accordingly, the inventor of the
present invention has found that ringing 1n the output signal
may be detected 1f the magnitude of the output energy 1s
determined to be greater than the mput energy at a given
instance.

According to a preferred embodiment of the mvention,
ringing 1n the output signal y(n) may be detected by detecting
that the magnitude of the energy of the output signal 1s greater
than the magnitude of the energy of the input signal.

FIG. 8 shows a circuit for controlling the adjustable notch
filter 26 1n accordance with an embodiment of the present
invention. The control circuit shown 1 FIG. 8 includes the




US 8,437,386 B2

7

adjustable notch filter 26, a controller block 34, an 1nput
energy measure block 32 and an output energy measure block
30.

The adjustable notch filter 1s arranged to recetve an input
signal s(n) and to output a signal y(n). The input signal s(n) 1s
also 1input 1into the mput energy measure block 32. The output
signal 1s input into the output energy measure block 30. The
controller block 34 receives an 1mput from the mput energy
measure block 32 and the output energy measure block 30.
The adjustable notch filter 26 recerves a control signal from
the controller block 34.

The input and output signals may be regarded as compris-
ing a series of frames, each frame containing an equal portion
of the signal. For example each frame may have a frame
length of 10 milliseconds. In operation the input energy mea-
sure block 32 determines the energy for each frame of the
input signal. In the same manner, the output energy measure
block 34 determines the energy for each frame of the output
signal y(n). The energy determined for each frame of the input
signal and the output signal 1s reported to the controller block
34.

The controller block 34 1s arranged to compare the energy
determined for the mput signal s(n) and the energy deter-
mined for the output signal y(n) for each frame. When the
magnitude of the energy of a frame of the output signal
exceeds the magnitude of the energy of a frame of the input
signal, the controller 1s arranged to output a control signal to
the adjustable notch filter 26 to dampen the time response of
the filter 26. In a preferred embodiment of the invention the
time response of the filter 26 1s damped by increasing the
width of the notch filter and decreasing the depth of the notch
region. When employing the adjustable notch filter described
with reference to FIG. 5, thus may be achieved by increasing,
the gain coellicient G of the third gain block 28 from 0 to 10.
The other coellicients A and B are kept unchanged.

As soon as the magnitude of the energy of a subsequent
frame of the output signal y(n) 1s less than the magnitude of
the energy of the mnput signal s(n), the G parameter is reset to
0, thus narrowing the notch of the filter 26.

Reference 1s now made FIG. 9 which shows the transmit-
ting circuitry 48 of a terminal 1n accordance with an embodi-
ment of the invention. In order to remove multiple harmonics,
the input signal s(n) 1s processed through a series of adjust-
able notch filters, each tuned to a different harmonic fre-
quency.

The transmaitting circuitry 48 includes a series of adjustable
filters used to remove multiple harmonics. As shown 1n FIG.
9, four adjustable notch filters 40, 42, 44 and 46 are provided
having a notch tuned to 50 Hz, 60 Hz, 100 Hz and 120 Hz
respectively. More or fewer adjustable notch filters can be
used to remove more or fewer harmonics.

The transmitting circuitry also includes a microphone 30,
an analogue to digital converter 52, a high pass filter 34, a
speech encoder 56, an input energy measure block 32, an
output energy measure block 30 and a controller 34.

The microphone 1s arranged to recerve an input signal to be
transmitted to a destination terminal via a communication
network. The input signal may comprise speech mput by a
user of the terminal. The microphone outputs the analogue
input signal to the analogue to digital converter 52. The ana-
logue to digital converter converts the analogue 1nput signal
to a digital input signal s(n). The digital input signal 1s then
input mnto a high pass filter 54 which removes the low fre-
quencies from the mput signal s(n).

The high pass filter outputs the signal s(n) to the series of
adjustable notch filters. The signal s(n) 1s also mnput 1nto the
input energy measure block 32. The signal y(n) output from
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the series of adjustable notch filters 1s input into an encoder 56
that 1s used to encode the signal y(n) before transmitting the
signal. The signal y(n) 1s also output from the series of adjust-
able notch filters to the output energy measure block 30.

The mput energy measure block 32 and the output energy
measure block 30 report the magnitude of the energy of the
input and output signals respectively to the controller block as
described 1n relation to FIG. 8. If the controller block deter-
mines that the magnitude of the energy of a frame of the
output signal exceeds the magnitude of the energy of a frame
of the input signal, the controller 1s arranged to output a
control signal to each adjustable notch filter to dampen the
impulse response of each filter.

As soon as the magnitude of the energy of a subsequent
frame of the output signal y(n) 1s less than the magnitude of
the energy of the input signal s(n), the damping applied to the
impulse response of the filter 1s removed.

According to an alternative embodiment of the invention, a
separate control block may be used to control the width of
cach adjustable notch filter provided 1n the transmitting cir-
cuitry. According to this embodiment of the invention an
input energy measure block and an output energy measure
block are provided for each filter to measure the energy of the
input signal and the output signal of each filter. The width of
cach filter 1s then controlled independently of the other filters
in the series.

According to a further alternative embodiment of the
invention the impulse response of the filter may be damped by
reducing the depth of notch region of the adjustable notch
filter, without necessarily increasing the width of the filter.
For the filter shown 1n FI1G. §, the depth of the notch region of
the filter may be varied imndependently of the width of the
notch region by adjusting the gain coellicient A of the gain
clement 16 to eflectively cancel notch width variations
caused by changing the gain coelficient of the gain element
28.

The above described embodiments may be implemented as
hardware 1n a terminal or as software running on a processor
in a terminal. The software for providing the operation may be
stored on and provided by means of a carrier medium such as
a carrier disc, card or tape. A possibility 1s to download the
soltware via a data network. This 1s an implementation 1ssue.

While this mvention has been particularly shown and
described with reference to preferred embodiments, 1t will be
understood to those skilled 1n the art that various changes in
form and detail may be made without departing from the
scope of the invention as defined by the claims.

What 1s claimed 1s:

1. A method comprising;:

inputting a speech signal into a filter having filter charac-
teristics etlective to cause the filter to filter a first portion
of the input speech signal to generate a filtered portion of
an output signal;

analyzing the filtered portion of the output signal by deter-
mining both an energy of a frame of the mput speech
signal and an energy of a frame of the filtered portion of
the output signal;

detecting 11 ringing 1s present 1n the filtered portion of the
output signal based on said analysis; and

adjusting the filter characteristics to reduce ringing 1n a
subsequent filtered portion of the output signal if 1t 1s
determined that ringing 1s present 1n the filtered portion
by outputting a control signal to the filter effective to
cause the filter to filter a subsequent portion of the
speech signal to generate the subsequent filtered portion,
the control signal configured to dampen an impulse
response of the filter.
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2. The method as claimed 1n claim 1 wherein adjusting the
filter characteristics allows the output signal to follow the
input speech signal.

3. The method as claimed in claim 1 wherein the first
portion of the input speech signal 1s a frame of the mput
signal.

4. The method as claimed in claim 1 wherein the filtered
portion of the output signal 1s a frame of the output signal.

5. The method as claimed in claim 1 wherein the filter 1s a

notch filter.
6. The method as claimed in claim 5 wherein the filter

characteristics are adjusted by increasing a width of the notch

filter.
7. The method as claimed 1in claim 5 wherein the filter

characteristics are adjusted by decreasing a depth of the notch
filter.

8. The method as claimed in claim 5 wherein the notch filter
includes at least one gain element.

9. The method as claimed 1n claim 8 wherein a width of the
notch filter 1s increased by adjusting a gain coellicient of said
at least one gain element.

10. The method as claimed 1n claim 8 wherein a depth of
the notch filter 1s decreased by adjusting a gain coelificient of
said at least one gain element.

11. The method as claimed 1n claim 1 further comprising:

analyzing the subsequent filtered portion of the output
signal;

detecting 11 rnging 1s present in the subsequent filtered
portion of the output signal based on said analyzing the
subsequent filtered portion; and

adjusting the filtering characteristics with an equal and
opposite adjustment to the adjustment that was made to
reduce ringing if it 1s determined that ringing 1s not
present.

12. The method as claimed in claim 1 wherein said detect-
ing 1f ringing 1s present in the filtered portion of the output
signal further comprises:

comparing the energy of the frame of the filtered portion of
the output signal to the energy of the frame of the input
speech signal; and

determining that ringing 1s present in the output signal 1
the energy of the frame of the filtered portion of the
output signal 1s greater than the energy of the frame of
the input signal.

13. A device comprising;

a recerver configured to recerve a speech signal;

a filter, having filter characteristics, configured to filter a
first portion of the speech signal to generate a filtered
portion ol an output signal;

a controller configured to:
analyze the filtered portion of the output signal by deter-

mining both an energy of a frame of the speech signal
and an energy of a frame of the filtered portion of the
output signal;
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detect 1f ringing 1s present 1n the filtered portion of the
output signal based on said analysis; and

adjust the filter characteristics to reduce ringing in a

subsequent filtered portion of the output signal 11 1t 1s

determined that ringing 1s present 1n the filtered por-

tion by outputting a control signal to the filter effec-

tive to cause the filter to filter a subsequent portion of

the speech signal to generate the subsequent filtered

portion, the control signal configured to dampen an

impulse response of the filter.
14. The device as claimed 1n claim 13, wherein the filter 1s
configured to adjust the filter characteristics to enable the

output signal to follow the speech signal.
15. The device as claimed 1n claim 13, wherein the first

portion of the speech signal 1s a frame of the signal, and
wherein the filtered portion of the output signal 1s a frame of
the output signal.
16. The device as claimed 1n claim 13, wherein the filter 1s
a notch filter, and wherein the controller 1s further configured
to adjust the filter characteristics by increasing a width of the
notch filter or by decreasing a depth of the notch filter.
17. A communications terminal comprising;:
a recerver configured to recerve a speech signal;
a filter, having filter characteristics, configured to filter a
first portion of the speech signal to generate a filtered
portion of an output signal;
a controller configured to:
analyze the filtered portion of the output signal by deter-
mining both an energy of a frame of the speech signal
and an energy of a frame of the filtered portion of the
output signal;

detect 1f ringing 1s present 1n the filtered portion of the
output signal based on said analysis; and

adjust the filter characteristics to reduce ringing in a
subsequent filtered portion of the output signal 11 1t 1s
determined that ringing 1s present 1n the filtered por-
tion by outputting a control signal to the filter effec-
tive to cause the filter to filter a subsequent portion of
the speech signal to generate the subsequent filtered
portion, the control signal configured to dampen an
impulse response of the filter.

18. The communications terminal as claimed 1n claim 17,
wherein the filter 1s further configured to adjust the filter
characteristics to enable the output signal to follow the speech
signal.

19. The communications terminal as claimed 1n claim 17,
wherein the first portion of the input speech signal 1s a frame
of the mput signal, and wherein the filtered portion of the
output signal i1s a frame of the output signal.

20. The communications terminal as claimed 1n claim 17,
wherein the filter 1s a notch filter, and wherein the controller
1s further configured to adjust the filter characteristics by
increasing a width of the notch filter or by decreasing a depth
of the notch filter.
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